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DESCRIPTION

SUMMARY

[0001] Spatial noise reduction systems (beamformers) in hearing aids typically operate by
combining sound signals captured by several microphones, in order to enhance signals from
certain directions and attenuate sounds from other directions. The beamformer coefficients are
often found from a priori acoustic measurements on a head-and-torso-simulator (e.g. HATS
4128C from Briiel & Kjeer Sound & Vibration Measurement A/S) in a sound studio at the
hearing manufacturer, prior to product launch. The resulting beamformer coefficients are then
'hardwired' (e.g. stored or otherwise implemented) in the hearing aid. As a consequence, each
and every hearing aid user are exposed to the same, HATS-derived, beamformer coefficients.

[0002] It is, however, known that HAT S-derived beamformers are not necessarily optimal for
each and every person (cf. e.g. [Moore; 2019]). This is, at least partly, so, because head (and
torso) acoustics of individuals may differ from those of a HATS as well as depend on how the
mounted instrument is positioned on different individuals. Ideally, the beamformer used by a
specific user would be derived via the head-and-torso acoustics of that person. This, however,
would require acoustic measurements performed on each and every hearing-aid customer.
More specifically, measurements of individual head related transfer functions (HRTFs), i.e., the
acoustic transfer function from points, e.g., on one or more (concentric) circle(s) in a horizontal
plane centred at the users' head (with radii above 0.5 m), to each and every microphone of the
hearing aid system, should preferably be performed. The microphones of the hearing system
will thereby be located in an acoustic far-field with respect to sound emitted from these points.
Such measurements generally require high-end audio equipment, and, ideally, access to a
sound studio. It is infeasible to conduct such measurements at the clinic of the typical hearing
care professional (HCP).

[0003] Patent publications US 2018/270603 A1 and WO 2013/064943 A1 disclose systems for
spatial audio rendering selecting a user-specific HRTF from a set of HRTFs or modifying an
HRTF in an iterative process with user feedback in order to provide a best spatial resolution for
a given sound source position.

[0004] Patent publication US 8 768 496 B2 discloses methods for selecting a perceptually
optimum HRTF from a database according to morphological parameters.

[0005] It is a purpose of the present disclosure to provide personalized head related transfer
functions that (approximately) reflect asymmetries of the user's head and torso (that deviate
from a typically standard (symmetric) model (e.g. HATS)). Such deviations may e.g. originate
from size, form, and location of the ears on the head, and dimensions and form of the head
and torso.
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[0006] The present application proposes a method that can retrieve information about a
hearing aid user's HRTFs, which does not require access to advanced audio equipment, but
which can be conducted at the HCPs clinic or even during everyday use of the hearing aid
system, e.g., in the home of the hearing aid user. From this information, personalized
beamformers may be constructed, which perform better for each individual hearing aid user,
than the traditional beamformers derived from HATS (standard model) measurements.

[0007] In an aspect, the present application proposes an offline procedure for estimating
personalized beamformer coefficients for a particular user from information regarding personal
own-voice-transfer function(s). The offline procedure comprises:

1. A. Measurement of own voice transfer function(s) using a close-talk microphone located
at the mouth of a user;

2. B. Mapping of the measured own voice transfer function(s) to a set of absolute or
relative head related transfer functions;

3. C. Computation of personalized beamformer coefficients from the set of head related
transfer functions.

[0008] In a further aspect, the present application proposes an online procedure for estimating
personalized beamformer coefficients for a particular user from information regarding personal
own-voice-transfer function(s). The online procedure comprises:

1. A. Estimation of relative own voice transfer function(s) using an own-voice detector and
microphones of a hearing device mounted at an ear of the user;

2. B. Mapping of own voice transfer function(s) to a set of absolute or relative head related
transfer functions;

3. C. Computation of personalized beamformer coefficients from the set of head related
transfer functions.

A hearing system:

[0009] The general idea is to make measurements of the acoustic mouth-to-microphone
transfer functions (own-voice transfer functions (OVTs)) of an individual user, and then map
these personal OVTs to personal HRFTs, from which personalized beamformer coefficients
may be derived. While it is generally infeasible to conduct HRFT measurements at the HCP, it
is feasible to conduct OVT measurements at the HCP, as this does not require an advanced
audio setup. Specifically, absolute or relative OVTs (defined below) can be measured, e.g., at
the HCP using a single microphone placed close to the mouth of the hearing aid user (here
termed a 'close talk microphone'), who is wearing hearing aids during the measurement (cf.
e.g. FIG. 1A, or FIG. 2).
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[0010] Furthermore, we propose methods for estimating relative OVTs, which only use the
microphones of the hearing aid and which do not require additional microphones. The relative
OVTs are estimated during hearing aid usage, when the user speaks (cf. e.g. FIG. 1B) (see
detailed description for more details). While relative OVTs are less informative than absolute
OVTs, their big advantage is that they can be estimated during everyday use of the hearing
system. Hence, using relative transfer functions allows for a scheme, where variations of the
relative OVT, e.g., due to changes in HA location (e.g. when mounted on the user's head), may
be tracked.

[0011] Given personal absolute or relative OVT estimates any of the methods outlined below
may be used to estimate personal HRTFs/beamformer coefficients, which are close-to-optimal
for the individual hearing aid user.

[0012] In the present context, a head related transfer function for a particular user is taken to
mean a transfer function from a given location around the user to a microphone located at or in
an ear of the user, where it is assumed that the user (and thus the microphone) is located in
an acoustic far-field relative to sound from the given location. An own voice transfer function for
a particular user is, on the other hand, taken to mean a transfer function from the user's mouth
to a microphone located at or in an ear of the user, where it is assumed that the microphone is
located in an acoustic near-field relative to sound from the user's mouth. A differentiation
between acoustic far-field and acoustic near-field is discussed below.

[0013] In an aspect of the present application, a hearing system configured to be located at or
in the head of a user (e.g. at or in an ear, e.g. in the head at an ear) is provided. The hearing
system comprises

« at least two microphones, one of which being denoted the reference microphone, each
for converting sound from the environment of the hearing system to an electric input
signal representing said sound as received at the location of the microphone in question;

» an own voice detector configured to estimate whether or not, or with what probability,
said at least two electric input signals, or a processed version thereof, comprises a voice
from the user of the hearing system, and to provide an own voice control signal
indicative thereof;

« a memory wherein a database (O, H)) of absolute or relative acoustic transfer functions

or impulse responses, or any transformation thereof, for a multitude of test-persons are
stored, or a transceiver allowing access to said database (Oy, H)). The database (O, H))

comprises for each of said multitude of test-persons;

o a relative or absolute own voice transfer function or impulse response, or any
transformation thereof, for sound from the mouth of a given test-person among said
multitude of test-persons to at least one of the microphones of a microphone system
worn by said given test-person, and

o a relative or absolute head related acoustic transfer function or impulse response, or
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any transformation thereof, from at least one spatial location other than the given test-
person's mouth to at least one of the microphones of the microphone system worn by
said given test-person;

[0014] The hearing system further comprises a processor connected or connectable to the at
least two microphones, to said own voice detector, and to said database. The processor is
configured

+ to estimate an own voice relative transfer function for sound from the user's mouth to at
least one of the at least two microphones in dependence of said at least two electric
input signals, or a processed version thereof, and on said own voice control signal; and

+ to estimate personalized relative or absolute head related acoustic transfer functions or
impulse responses, or any transformation thereof, from at least one spatial location
other than the user's mouth to at least one of the microphones of said hearing system
worn by said user in dependence of said estimated own voice relative transfer
function(s) and said database (O, H)).

[0015] The hearing system further comprises a beamformer configured to receive said at least
two electric input signals, or processed versions thereof, and to determine personalized
beamformer weights based on said personalized relative or absolute head related acoustic
transfer functions or impulse responses, or any transformation thereof. The estimated
personalized relative or absolute head related acoustic transfer functions may be used by
other algorithms than the beamformer, e.g. a compression algorithm (e.g. to ensure that
directional cues are appropriately maintained). In a general sense the estimated personalized
relative or absolute head related acoustic transfer functions may be used by a signal processor
of a hearing aid to improve processing of the input signal (e.g. to improve sound sensation
(e.g. spatial sound perception and/or speech intelligibility) for a hearing impaired user).

[0016] Thereby an improved hearing system may be provided.

[0017] Impulse responses and transfer functions of sound may represent the same physical
change of a sound from one location to another as determined by an acoustic propagation
channel between the two locations, the impulse response being a time domain representation
of the physical change and the transfer function being a frequency domain representations
thereof. One can (in principle) be obtained from the other by a Fourier or inverse Fourier
transformation, respectively. Other transforms (e.g. the cosine or sine transforms, the Laplace
transform, etc.) than the Fourier transform may be used to provide a representation of the
influence of the acoustic propagation channel.

[0018] The database may or may not comprise data measured on the user. Such data
regarding the user may e.g. comprise old data, e.g. from a previous fitting.
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[0019] The beamformer may be an MVDR beamformer. A beamformed signal may be
provided based on the personalized beamformer weights derived from the personalized
relative or absolute head related acoustic transfer functions or impulse responses.

[0020] The beamformer weights may be determined in dependence of the own voice control
signal. The beamformer weights may be determined in dependence of a voice activity control
signal from a (general) voice activity detector.

[0021] The hearing system may be configured to determine or update the personalized
beamformer weights using the disclosed procedure according to a predefined scheme, e.g.
upon fulfilment of a specific criterion. The predefined scheme may e.g. comprise initiating an
update triggered by a specific event, e.g. power-up of the hearing device. The predefined
scheme may e.g. comprise a continuous update, e.g. triggered by a timer, e.g. so that an
update is made according to a predefined (or adaptively determined) scheme, or at regular
intervals, e.g. every 10 s, or every hour, or between every 1 s and every hour. The hearing
system may comprise a user interface allowing a user to initiate (or define or select a scheme
for) an update of the personalized beamformer weights using the disclosed procedure.

[0022] The hearing system may comprise a processor connected to said beamformer and
configured to receive said beamformed signal, or a processed version thereof, and to apply
one or more processing algorithms thereto to provide a processed signal.

[0023] The hearing system may comprise an output unit for generating stimuli perceivable as
sound to the user based on said at least two electric input signals, or a processed version
thereof. The output unit may comprise a loudspeaker.

[0024] The hearing system may comprise further detectors or estimators (in addition to the
own voice detector) intended to validate the estimate of the own voice relative transfer
function. The hearing system may comprise a detector or estimator of a current signal quality
in dependence of said at least two electric input signals, or a processed version thereof. The
hearing system may comprise a noise estimator, e.g. for providing an estimate of a current
noise level (e.g. during an estimate of the own voice transfer function). The hearing system
may e.g. comprise an SNR estimator for providing an estimate of signal to noise ratio (or
equivalent). The hearing system may be configured to only accept an estimate of the own
voice relative transfer function in case a criterion involving other detectors or estimators than
the own voice detector is fulfilled. The criterion may e.g. be that own voice is detected with a
probability larger than a minimum OV-value, and that SNR is estimated to be larger than a
minimum SNR-value and/or that a noise level is smaller than or equal to a threshold level.

[0025] Preferably, the microphone systems worn by the multitude of test-persons comprise
microphones located essentially at the same positions as the at least two microphones of the
hearing system. The microphone systems worn by said multitude of test-persons may e.g. be
embodied in a hearing system identical to or equivalent with the hearing system worn by the
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user. The microphone systems worn by said multitude of test-persons may be identical from
test-person to test-person. The respective locations of the microphones of the microphone
system relative to the ears of the wearer (test-person) are preferably essentially equal to the
location of the at least two microphones of the hearing system when located on the user. The
directional characteristics of the microphones of the microphone system are preferably
essentially equal to the at least two microphones of the hearing system. The microphones of
the microphone system and the at least two microphones of the hearing system may be
omnidirectional microphones.

[0026] The processor may comprise a relative own voice transfer function estimator for
estimating a relative own voice transfer function vector OVTy yser Whose elements are the

relative transfer functions for sound from the user's mouth to each of the at least two
microphones of the hearing system. For a two microphone system, the relative own voice
transfer function vector OVT\ yser will have two elements, one of which will be 1 corresponding

to the reference microphone).

[0027] The hearing system may comprise an own-voice power spectral density estimator
configured to provide an estimate of the own-voice power spectral density vector Sy at a given

point in time. The own-voice power spectral density vector Sy may be used as input to the
relative own voice transfer function estimator. The own-voice power spectral density vector Sy

at a given point in time may be determined when the own voice control signal indicated the
presence of the user's own voice (with a high probability, e.g. =2 75%).

[0028] The hearing system may comprise a personalized head related transfer functions
estimator for estimating said personalized relative or absolute head related acoustic transfer
functions di yser Or impulse responses from said estimated own voice transfer function vector
OVTy yser and said database (O, Hj. The personalized head related transfer functions

estimator may e.g. be configured to select the relative or absolute head related acoustic

transfer functions database (O;, H;) corresponding to the person /* for which the distance (e.g.
difference) between the estimated own voice transfer function vector OVTy ,ser and the own

voice transfer function vector OVTy + of the database is the smallest.

[0029] The relative own voice transfer function vector OVTy ser may e.g. be estimated from
the input own-voice power spectral density vector Sy as OVTy yser = sQrt(Sy/Sk jrer), where iref

is the index of a reference microphone among the at least two microphones. Thereby a
simplified relative OVT-vector is provided (containing only information about attenuation of
level, whereas phase information (delay) is ignored). This may be a good approximation, since,
in general, the difference in delay of a signal from the user's mouth to the different
microphones of a hearing device located at an ear of the user is predominantly determined by
the microphone distance (which is assumed to be essentially identical from user to user). On
the hand, level differences may depend on characteristics of the individual head of the user. In
case of a binaural hearing aid system comprising left and right hearing aids, the hearing aids
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may change (destroy) the physical interaural level differences at the two ears (due to
independent compression algorithms in the two hearing aids).

[0030] The hearing system may comprise a trained neural network for determining the
personalized head related transfer functions using the estimated relative own voice transfer
function vector OVTy yser @s an input vector, wherein the trained neural network has been

trained using the database (O;, H)). Based on an a priori database, a neural network (e.g. a

deep neural network) may be trained in an offline procedure prior to use in a hearing system,
using O; and H; as target outputs, respectively. The personalized head related transfer

functions may alternatively be determined by other statistical methods/models involving
supervised learning, machine learning, artificial intelligence, etc.

[0031] The hearing system may be constituted by or comprise a hearing device, e.g. a hearing
aid. The hearing system may be constituted by or comprise a hearing aid, a headset, an
earphone, an ear protection device or a combination thereof. The hearing device, e.g. a
hearing aid, may comprise the at least two microphones. One of the microphones may be
located at or in an ear canal of the user. One of the microphones may be located at or behind
an ear (pinna) of the user. The hearing device may comprise three microphones, one of which
may be located at or in an ear canal of the user.

[0032] The hearing system may be constituted by or comprise a binaural hearing system, e.g.
a binaural hearing aid system comprising left and right hearing devices configured to be
located at left and right ears, respectively, of a user.

[0033] The hearing system may comprise a hearing device and an auxiliary device. The
hearing system may be adapted to establish a communication link between the hearing device
and the auxiliary device to provide that information (e.g. control and status signals, possibly
audio signals) can be exchanged or forwarded from one to the other. The auxiliary device may
comprise a remote control, a smartphone, or other portable or wearable electronic device,
such as a smartwatch or the like. The auxiliary device may be constituted by or comprise a
remote control for controlling functionality and operation of the hearing device(s). The function
of a remote control is implemented in a smartphone, the smartphone possibly running an APP
allowing to control the functionality of the audio processing device via the smartphone (the
hearing device(s) comprising an appropriate wireless interface to the smartphone, e.g. based
on Bluetooth or some other standardized or proprietary scheme). The auxiliary device may be
constituted by or comprise an audio gateway device adapted for receiving a multitude of audio
signals (e.g. from an entertainment device, e.g. a TV or a music player, a telephone apparatus,
e.g. a mobile telephone or a computer, e.g. a PC) and adapted for selecting and/or combining
an appropriate one of the received audio signals (or combination of signals) for transmission to
the hearing device. The auxiliary device may be constituted by or comprise another hearing
device.

[0034] The hearing system may comprise a hearing device adapted for being located at or in
an ear of a user. The at least two microphones may be located in the hearing device. At least
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one of the at least two microphones may be located at a left ear of the user. At least one of the
at least two microphones may be located at a right ear of the user. The hearing system may
comprise first and second hearing devices adapted for being located at or in left and right ears
of the user, and/or for being fully or partially implanted in the head of the user. The at least two
microphones may be located in the first and second hearing devices.

A method:

[0035] In an aspect, a method of estimating personalized beamformer weights for a hearing
system comprising a multitude of microphones, one of which being denoted the reference
microphone, is provided. The hearing system is configured to be worn by a specific user. The
method comprises,

» providing at least two electric signals representing sound in an environment of the user
at a location of the microphones of the hearing system, the electric input signal from said
reference microphone being denoted the reference microphone signal;

» providing an own voice control signal indicative of whether or not, or with what
probability, said at least two electric input signals, or a processed version thereof,
comprises a voice from the user of the hearing system; and

« providing a database (O, H)), or providing access to such database (O, H)), of absolute

or relative acoustic transfer functions or impulse responses, or any transformation
thereof, for a multitude of test-persons other than said user, and for each of said
multitude of test-persons

o providing in the database (O,, H|) a relative or absolute own voice transfer function

or impulse response, or any transformation thereof, for sound from the mouth of a
given test-person among said multitude of test-persons to at least one of a
multitude of microphones of a microphone system worn by said given test-person,
and

o providing in the database (O), H)) a relative or absolute head related acoustic

transfer function or impulse response, or any transformation thereof, from at least
one spatial location other than the given test-person’'s mouth to at least one of the
microphones of a microphone system worn by said given test-person;

» estimating (e.g. in the hearing system, e.g. a hearing device, e.g. a hearing aid) an own
voice relative transfer function for sound from the user's mouth to at least one of the at
least two microphones of the hearing system in dependence of said at least two electric
input signals, or a processed version thereof, and on said own voice control signal.

[0036] The method further comprises

» estimating personalized relative or absolute head related acoustic transfer functions or
impulse responses from at least one spatial location other than the user's mouth 4 at
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least one of the microphones of said hearing system worn by said user in dependence of
said estimated own voice relative transfer function and said database (O, H¢); and

» determining personalized beamformer weights (W yser) for a beamformer configured to

receive said at least two electric input signals, or processed versions thereof, based on

said personalized relative or absolute head related acoustic transfer functions (HRTF;*)

or impulse responses (HRIR/"), or any transformation thereof.

[0037] In a general sense the estimated personalized relative or absolute head related
acoustic transfer functions may be used by a signal processor of a hearing aid to improve
processing of the input signal (e.g. to improve sound sensation (e.g. spatial sound perception
and/or speech intelligibility) for a hearing impaired user), e.g. instead of the step of determining
personalized beamformer weights (W yser) for a beamformer.

[0038] It is intended that some or all of the structural features of the device described above, in
the 'detailed description of embodiments’ or in the claims can be combined with embodiments
of the method, when appropriately substituted by a corresponding process and vice versa.
Embodiments of the method have the same advantages as the corresponding devices.

[0039] The step of measuring an absolute or relative own voice transfer function (OVT yger) OF

impulse response using microphones of the hearing system for picking up an utterance of the
user may comprise the use of a close-talk microphone located at the mouth of the use.
Thereby an absolute voice transfer function (OVT 5q) or impulse response can be measured.

Alternatively, the step may comprise only using the microphones of the hearing system,
whereby a relative own voice transfer function (OVT ser) can be determined by the hearing

system. The own voice transfer functions or impulse responses from the mouth of the test-
person (/) or the user to at least one of, such as to one or more of, e.g. to all of, the multitude
of microphones may be determined. Likewise, the far-field head related transfer functions or
impulse responses from a sound source at a specific location (away from the user's mouth, in
the acoustic far field relative to the test-person (/) to at least one of, such as to one or more of,
e.g. to all of, the multitude of microphones may be determined. Further, the far-field head
related transfer functions or impulse responses from a sound source at a multitude of locations
(away from the user's mouth, in the acoustic far field relative to the test-person (/) to at least
one of, such as to one or more of, e.g. to all of, the multitude of microphones may be
determined.

[0040] The timing of the determination of personalized beamformer weights (w yser) may be

dependent on the own voice control signal.

[0041] The method is configured to determine personalized beamformer coefficients (wk yser)

for a beamformer of the hearing system (e.g. a binaural beamformer for a binaural hearing
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system), e.g. for a hearing device, such as a hearing aid, of the hearing system. The
beamformer may be configured to apply the beamformer weights to electric input signals from
a multitude of microphones, to thereby provide a beamformed signal.

[0042] The method may comprise that the beamformer is binaural beamformer based on
electric input signals from said at least two microphones located at left as well as right ears of
the user. The beamformer may be based on electric input signals from the at least two
microphones located at either the left or the right ear of the user.

[0043] The method may comprise

* mapping said relative own voice transfer function (OVT ) Or impulse response to an

absolute or relative own voice transfer function (OVT,) or impulse response of a specific test-

person [* among said multitude of test-persons from said database (O,, H;) according to a

predefined criterion; and

+ deriving estimated absolute or relative far-field head related transfer functions (HRTF 5¢) for

said user in dependence of the absolute or relative far-field head related transfer functions

(HRTF/") for said specific test-person stored in said database (O, Hj).

[0044] The method may be adapted to provide that the predefined criterion comprises
minimization of a cost function, e.g. a distance measure.

[0045] The method may comprise the step of providing a beamformed signal based on the
personalized beamformer weights.

Definitions:

[0046] The 'near-field' of an acoustic source is a region close to the source where the sound
pressure and acoustic particle velocity are not in phase (wave fronts are not parallel). In the
near-field, acoustic intensity can vary greatly with distance (compared to the far-field). A
distinction between an acoustic near-field and far-field is related to the frequency (wavelength)
of the sound and can be taken to lie around 2 wavelengths A, i.e. for distances < 2 A from the
sound source, the near-field prevail, and for distances > 2 A from the sound source, the far-
field prevail. The wavelength A of sound is given by A=c/f, where ¢ is the speed of sound in air
(343 m/s, @ 20 °C) and f is frequency. At f=1 kHz, e.g., the wavelength of sound is 0.343 m
(i.e. 34 cm). The sound pressure from a sound source is attenuated with increasing distance L
from the sound source. For a far-field sound source Sgr (located e.g. > 1 m away from a

measurement location, e.g. a microphone), the sound pressure is decreased 6 dB for every
doubling of the distance to the sound source. For a near-field sound source it is more
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complicated (variable).

[0047] In the present context, a 'hearing device' refers to a device, such as a hearing aid, e.g.
a hearing instrument, or an active ear-protection device, or other audio processing device,
which is adapted to improve, augment and/or protect the hearing capability of a user by
receiving acoustic signals from the user's surroundings, generating corresponding audio
signals, possibly modifying the audio signals and providing the possibly modified audio signals
as audible signals to at least one of the user's ears. A 'hearing device' further refers to a device
such as an earphone or a headset adapted to receive audio signals electronically, possibly
modifying the audio signals and providing the possibly modified audio signals as audible
signals to at least one of the user's ears. Such audible signals may e.g. be provided in the form
of acoustic signals radiated into the user's outer ears, acoustic signals transferred as
mechanical vibrations to the user's inner ears through the bone structure of the user's head
and/or through parts of the middle ear as well as electric signals transferred directly or
indirectly to the cochlear nerve of the user.

[0048] The hearing device may be configured to be worn in any known way, e.g. as a unit
arranged behind the ear with a tube leading radiated acoustic signals into the ear canal or with
an output transducer, e.g. a loudspeaker, arranged close to or in the ear canal, as a unit
entirely or partly arranged in the pinna and/or in the ear canal, as a unit, e.g. a vibrator,
attached to a fixture implanted into the skull bone, as an attachable, or entirely or partly
implanted, unit, etc. The hearing device may comprise a single unit or several units
communicating (e.g. acoustically, electrically or optically) with each other. The loudspeaker
may be arranged in a housing together with other components of the hearing device, or may
be an external unit in itself (possibly in combination with a flexible guiding element, e.g. a
dome-like element).

[0049] More generally, a hearing device comprises an input transducer for receiving an
acoustic signal from a user's surroundings and providing a corresponding input audio signal
and/or a receiver for electronically (i.e. wired or wirelessly) receiving an input audio signal, a
(typically configurable) signal processing circuit (e.g. a signal processor, e.g. comprising a
configurable (programmable) processor, e.g. a digital signal processor) for processing the
input audio signal and an output unit for providing an audible signal to the user in dependence
on the processed audio signal. The signal processor may be adapted to process the input
signal in the time domain or in a number of frequency bands. In some hearing devices, an
amplifier and/or compressor may constitute the signal processing circuit. The signal processing
circuit typically comprises one or more (integrated or separate) memory elements for executing
programs and/or for storing parameters used (or potentially used) in the processing and/or for
storing information relevant for the function of the hearing device and/or for storing information
(e.g. processed information, e.g. provided by the signal processing circuit), e.g. for use in
connection with an interface to a user and/or an interface to a programming device. In some
hearing devices, the output unit may comprise an output transducer, such as e.g. a
loudspeaker for providing an air-borne acoustic signal or a vibrator for providing a structure-
borne or liquid-borne acoustic signal. In some hearing devices, the output unit may comprise
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one or more output electrodes for providing electric signals (e.g. to a multi-electrode array) for
electrically stimulating the cochlear nerve (cochlear implant type hearing aid). The hearing
device may comprise a speakerphone (comprising a number of input transducers and a
number of output transducers), e.g. for use in an audio conference situation.

[0050] In some hearing devices, the vibrator may be adapted to provide a structure-borne
acoustic signal transcutaneously or percutaneously to the skull bone. In some hearing devices,
the vibrator may be implanted in the middle ear and/or in the inner ear. In some hearing
devices, the vibrator may be adapted to provide a structure-borne acoustic signal to a middle-
ear bone and/or to the cochlea. In some hearing devices, the vibrator may be adapted to
provide a liquid-borne acoustic signal to the cochlear liquid, e.g. through the oval window. In
some hearing devices, the output electrodes may be implanted in the cochlea or on the inside
of the skull bone and may be adapted to provide the electric signals to the hair cells of the
cochlea, to one or more hearing nerves, to the auditory brainstem, to the auditory midbrain, to
the auditory cortex and/or to other parts of the cerebral cortex.

[0051] A hearing device, e.g. a hearing aid, may be adapted to a particular user's needs, e.g.
a hearing impairment. A configurable signal processing circuit of the hearing device may be
adapted to apply a frequency and level dependent compressive amplification of an input signal.
A customized frequency and level dependent gain (amplification or compression) may be
determined in a fitting process by a fitting system based on a user's hearing data, e.g. an
audiogram, using a fitting rationale (e.g. adapted to speech). The frequency and level
dependent gain may e.g. be embodied in processing parameters, e.g. uploaded to the hearing
device via an interface to a programming device (fitting system), and used by a processing
algorithm executed by the configurable signal processing circuit of the hearing device.

[0052] A 'hearing system' refers to a system comprising one or two hearing devices, and a
'‘binaural hearing system' refers to a system comprising two hearing devices and being
adapted to cooperatively provide audible signals to both of the user's ears. Hearing systems or
binaural hearing systems may further comprise one or more ‘'auxiliary devices', which
communicate with the hearing device(s) and affect and/or benefit from the function of the
hearing device(s). Such auxiliary devices may include at least one of a remote control, a
remote microphone, an audio gateway device, an entertainment device, e.g. a music player, a
wireless communication device, e.g. a mobile phone (such as a smartphone) or a tablet or
another device, e.g. comprising a graphical interface.. Hearing devices, hearing systems or
binaural hearing systems may e.g. be used for compensating for a hearing-impaired person's
loss of hearing capability, augmenting or protecting a normal-hearing person's hearing
capability and/or conveying electronic audio signals to a person. Hearing devices or hearing
systems may e.g. form part of or interact with public-address systems, active ear protection
systems, handsfree telephone systems, car audio systems, entertainment (e.g. TV, music
playing or karaoke) systems, teleconferencing systems, classroom amplification systems, etc.

[0053] Embodiments of the disclosure may e.g. be useful in applications such as hearing aids
or hearing aid systems.
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BRIEF DESCRIPTION OF DRAWINGS

[0054] The aspects of the disclosure may be best understood from the following detailed
description taken in conjunction with the accompanying figures. The figures are schematic and
simplified for clarity, and they just show details to improve the understanding of the claims,
while other details are left out. Throughout, the same reference numerals are used for identical
or corresponding parts. The individual features of each aspect may each be combined with any
or all features of the other aspects. These and other aspects, features and/or technical effect
will be apparent from and elucidated with reference to the illustrations described hereinafter in
which:

FIG. 1A shows an exemplary offline procedure according to the present disclosure for
estimating personalized beamformer coefficients from personal own-voice-transfer function
information, and

FIG. 1B shows an exemplary online procedure according to the present disclosure for
estimating personalized beamformer coefficients from personal own-voice-transfer function
information,

FIG. 2 schematically illustrates a path for sound from mouth to ear for measuring an own-voice
impulse response for right-ear microphones Mi, i=1, 2, 3,

FIG. 3A shows a block-diagram of an embodiment of hearing system comprising a
beamformer and a system for estimating relative own-voice transfer functions from a user's
speech according to the present disclosure;

FIG. 3B shows a block-diagram of an embodiment of a hearing system for estimating relative
own-voice transfer functions from a user's speech signal according to the present disclosure;
and

FIG. 3C shows a block-diagram of an embodiment of hearing device comprising a beamformer
and a system for estimating relative own-voice transfer functions from a user's speech
according to the present disclosure,

FIG. 4 schematically shows a setup for measuring head-related impulse responses (or
acoustic transfer functions) for a person, e.g. test subject /| between spatial direction or
location j and microphone i of a hearing system according to the present disclosure worn by
the person,

FIG. 5 shows a plot of complex (real part, imaginary part) relative own voice transfer functions
(OV-RTF) measured across different individuals (asterisks) compared to far-field (FF-RTF)
relative transfer functions measured across different individuals and across different directions
(dots),

FIG. 6A schematically shows a database (O,, H;) of absolute or relative acoustic transfer
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functions or impulse responses for a multitude of persons comprising corresponding own voice
transfer functions (OVT) and head related transfer functions (HRTF), and

FIG. 6B schematically indicates a setup for measurement of the own voice transfer functions
(OVT) (or impulse responses, OIR) and acoustic head related transfer functions (HRTF) (or
impulse responses, HRIR) for a microphone system located at the left and right tears of a
person,

FIG. 7 shows an embodiment of a part of the processor for providing personalized acoustic far
field head related transfer functions for a wearer of a hearing system,

FIG. 8 schematically shows a hearing device of the receiver in the ear type according to an
embodiment of the present disclosure, and

FIG. 9 shows a flow chart for an embodiment of a method of estimating personalized acoustic
far-field transfer functions for a wearer of a hearing system.

[0055] The figures are schematic and simplified for clarity, and they just show details which are
essential to the understanding of the disclosure, while other details are left out. Throughout,
the same reference signs are used for identical or corresponding parts.

[0056] Further scope of applicability of the present disclosure will become apparent from the
detailed description given hereinafter. However, it should be understood that the detailed
description and specific examples, while indicating preferred embodiments of the disclosure,
are given by way of illustration only. Other embodiments may become apparent to those skilled
in the art from the following detailed description.

DETAILED DESCRIPTION OF EMBODIMENTS

[0057] The detailed description set forth below in connection with the appended drawings is
intended as a description of various configurations. The detailed description includes specific
details for the purpose of providing a thorough understanding of various concepts. However, it
will be apparent to those skilled in the art that these concepts may be practiced without these
specific details. Several aspects of the apparatus and methods are described by various
blocks, functional units, modules, components, circuits, steps, processes, algorithms, etc.
(collectively referred to as "elements"). Depending upon particular application, design
constraints or other reasons, these elements may be implemented using electronic hardware,
computer program, or any combination thereof.

[0058] The electronic hardware may include micro-electronic-mechanical systems (MEMS),
integrated circuits (e.g. application specific), microprocessors, microcontrollers, digital signal
processors (DSPs), field programmable gate arrays (FPGAs), programmable logic devices
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(PLDs), gated logic, discrete hardware circuits, printed circuit boards (PCB) (e.g. flexible
PCBs), and other suitable hardware configured to perform the various functionality described
throughout this disclosure, e.g. sensors, e.g. for sensing and/or registering physical properties
of the environment, the device, the user, etc. Computer program shall be construed broadly to
mean instructions, instruction sets, code, code segments, program code, programs,
subprograms, software modules, applications, software applications, software packages,
routines, subroutines, objects, executables, threads of execution, procedures, functions, etc.,
whether referred to as software, firmware, middleware, microcode, hardware description
language, or otherwise.

[0059] The present application relates to the field of hearing devices, e.g. hearing aids.

[0060] FIG. 1A shows an exemplary offline procedure according to the present disclosure for
estimating personalized beamformer coefficients from personal own-voice-transfer function
information. The offline procedure comprises:

1. A. Measurement of own voice transfer functions (OVT) using a close-talk microphone
located at the mouth of a user (cf. e.g. FIG. 2)

2. B. Mapping of OVTs to absolute or relative head related transfer functions (HRTFs).

3. C. Computation of personalized beamformer coefficients from the HRTFs

[0061] FIG. 1B shows an exemplary online procedure according to the present disclosure for
estimating personalized beamformer coefficients from personal own-voice-transfer function
information. The online procedure comprises:

1. A. Estimation of relative own voice transfer functions (OVT) using own-voice detector
and hearing aid (HA) microphones (cf. FIG. 3A, 3B, 3C).

2. B. Mapping of OVTs to absolute or relative head related transfer functions (HRTFs).

3. C. Computation of personalized beamformer coefficients from the HRTFs

Absolute and Relative Own Voice Transfer functions

[0062] Let hi(n) denote an own-voice impulse response (OIR), i.e., the impulse response from

a point just outside the mouth of hearing aid user (here the location of the 'Close-talk
microphone’) to the i'th microphone of the hearing aid (FIG. 2). Let OVT'y;, k=1 ,..., K(K being

a number of frequency bands) denote a Fourier transform of hi(n) - OVT' ; thus being the OVT
from the mouth to the i" microphone. Define the absolute OVT vector OVT' = [OVTk 1 ...
OVT ml, where M is the number of microphones. Finally, let the relative OVT vector with

respect to a pre-defined reference microphone with index iref be given by OVTy =
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OVT'\/OVTy jrer. Clearly, absolute OVTs carry more information than relative OVTs, because

the latter can be derived from the former, but not the other way around. In other words,
absolute OVTs carry explicit information about the sound traveling time from mouth to
microphones, while relative OVTs do not.

[0063] FIG. 2 schematically illustrates an own-voice impulse response for right-ear
microphones M;, i=1, 2, 3 for an exemplary hearing device (HD) according the present

disclosure. The hearing device (HD) is located at a right ear of the user. The hearing device
comprises a multitude of microphones, here at least three microphones (M4, M5, M3). The

three microphones (M4, M2, M3) are located in a BTE-part of the hearing device located at or

behind the outer ear (pinna) of the user. The three microphones are located in the hearing aid
(here in the BTE-part) so as to facilitate determining filter weights for a beamformer for picking
up the voice of the user (‘'own voice') as well as for a beamformer for picking up sounds from
the environment. In the exemplary embodiment of FIG. 2, the microphones are located at
vertices of a triangle. The BTE-part is connected to an ITE-part adapted for being located at or
in an ear canal of the user. The BTE-part and the ITE-part are connected (e.g. acoustically
and/or electrically connected to each other by a connecting element (IC). The connecting
element may comprise a tube for guiding sound from a loudspeaker located in the BTE-part to
the ear canal of the user. The connecting element may comprise a number of electrical
conductors for electrically connecting the BTE-part to the ITE-part. The ITE-part may comprise
a loudspeaker located in the ear canal of the user. In the latter case, the hearing aid may
implement a 'receiver in the ear' (RITE) style.

[0064] As a first step in the proposed method, the absolute or relative OVT must be estimated.

[0065] The absolute OVT vector OVT'y, k=1,...,K may be estimated, e.g., at a hearing care

professional (HCP) during a hearing aid (HA) fitting using a small voice sample: the hearing aid
user wears the HAs and a mouth reference microphone (cf. 'Close-talk microphone' of FIG. 2)
is placed in front of the users' mouth ('Mouth' in FIG. 2). The user pronounces a few test
sentences, which are recorded at the mouth reference microphone and the HA microphones
(cf. M4, M3, M3 in FIG. 2). The absolute OVT's are estimated from the microphone signals

using standard system identification algorithms, e.g. for microphone M3, H3= (IN(M3)/IN(McT)),
where IN(x) is the complex (frequency dependent) input signal picked up by the microphone x
(x=M3, McT7). The frequency dependent input signal IN(x) may be determined from the

corresponding time domain input signal (e.g. by a Fourier transform, such as a Discrete
Fourier Transform (DFT)), e.g. based on a measured impulse response.

[0066] Additionally, or alternatively, the relative OVT may be used. If the absolute OVT is
measured at the HCP, then the relative OVT may easily be derived from the absolute OVT.
Alternatively, the relative OVT may be estimated online during everyday use of the hearing aid
as follows (see FIG. 3A, 3B, 3C).

[0067] FIG. 3A shows a block-diagram of an embodiment of hearing system comprising a
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hearing device (HD) and an external database (MEM) accessible from the hearing device. The
hearing device comprises a beamformer and a system for estimating relative own-voice
transfer functions from a user's speech according to the present disclosure. The hearing
device (HD) of FIG. 3A comprises a multitude (M) of microphones (M4, ..., M) configured to

pick up sound from the environment of the hearing device and convert the sound to (e.g.
digitized) electric input signals (IN1, ..., INM). The hearing device (HD) further comprises
analysis filter banks (FB-A1, ..., FB-AM) for converting the multitude of (time-domain) electric
input signals (IN1, ..., INM) to respective (frequency domain) electric input signals as frequency
sub-band signals (X4, ..., Xm). The hearing device comprises an own voice detector configured

to estimate whether or not, or with what probability, said multitude of electric input signals, or a
processed version thereof, comprises a voice from the user of the hearing system, and to
provide an own voice control signal (OV) indicative thereof. The hearing device further
comprises a processor (PRO) connected to the multitude of microphones (M4, ..., M), to the

own voice detector (OVD), and to a transceiver (Rx/Tx) for providing access to a database
(e.g. located on a server). The database (O,, H)) comprises (e.g. measured or otherwise

determined/estimated) absolute or relative acoustic transfer functions or impulse responses
(cf. signal OVT-HRTF retrieved from the database) for a multitude of persons. The database
(Oy, H)) comprises for each of the multitude of persons a) a relative or absolute own voice

transfer function or impulse response from the mouth of a given person among said multitude
of persons to at least one (e.g. all) of the microphones of a microphone system worn by the
given person, and b) a relative or absolute head related acoustic transfer function or impulse
response from at least one spatial location other than the given person's mouth to at least one
(e.g. al) of the microphones of a microphone system worn by the given person. The
transceiver (Rx/Tx) may implement a wireless connection to another device (e.g. a smartphone
or the like) or to a server (e.g. a cloud server), e.g. via a network, e.g. the Internet. In an
embodiment, the database (or a part thereof) is stored in a memory (MEM) of the hearing
device (see e.g. FIG. 3B, 3C). The processor (PRO) is configured to estimate an own voice
relative transfer function (OVT ,ser) from the user's mouth to at least one (e.g. to all) of the

multitude of microphones (M4, ..., Mp) in dependence of the multitude of electric input signals

(IN1, ..., INM), or a processed version thereof, and on the own voice control signal (OV). The
processor (PRO) is further configured to access the database and to estimate personalized
relative or absolute head related acoustic transfer functions (dy yser) (or corresponding impulse

responses) from at least one spatial location other than the user's mouth (e.g. in front of the
user) to at least one (e.g. all) of the microphones of the hearing device in dependence of the
estimated own voice relative transfer function(s) (OVT,ser) and the database (O, Hy). The
hearing device further comprises a beamformer (BF) configured to receive the multitude of
electric input signals (IN1, ..., INM), or processed versions thereof (X4, ..., Xp), and to
determine beamformer weights (Wij) based on the personalized relative or absolute head
related acoustic transfer functions (di yser) or impulse responses and to provide a beamformed
signal Ygg based thereon. The beamformed signal may be further processed in a further
processor (see e.g. signal processor SP of FIG. 3C) before being subject to conversion to the
time domain by synthesis filter bank (FB-S) providing time-domain output signal OUT that is
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fed to an output unit crating stimuli perceivable by the user as sound. In the embodiment of
FIG. 3A, the output unit comprises a loudspeaker (SPK) for converting the signal OUT to an
acoustic signal (comprising vibrations in air). Determination of beamformer weights from
relative or absolute transfer functions for a given beamformer structure is well-known in the art.
For an MVDR beamformer, the determination of beamformer weights Wy(k) can be written as

R,, ()d(k)d" (k,i,,)
W, (k) = — =

AT (R, (K)d(k)

where Ry (k) is (an estimate of) the inter-microphone noise covariance matrix for the current

acoustic environment, d(k) is the estimated look vector (representing the inter-microphone
transfer function for a target sound source at a given location), k is the frequency index and j¢

is an index of the reference microphone (*denotes complex conjugate, and " denotes
Hermitian transposition).

[0068] FIG. 3B shows a block-diagram of a hearing system comprising n embodiment of an
online system for estimating relative own-voice transfer functions from users' speech signal.
The hearing device (HD) of FIG. 3B comprises first and second microphones (M4, My)

configured to pick up sound from the environment of the hearing device and convert the sound
to first and second (e.g. digitized) electric input signals (IN1, IN2). The hearing device (HD)
further comprises first and second analysis filter banks (FB-A1, FB-A2) for converting the first
and second (time-domain) electric input signals (IN1, IN2) to respective first and second
(frequency domain) electric input signals as frequency sub-band signals (X4, X2). The first and

second electric (frequency sub-band) input are fed to respective detectors (OVD, SNRE, ...,
DETX) as well as to an own-voice power spectral density estimator (OV-PSDE) providing
(frequency dependent) spectral densities Sy ; for each electric input signal (X4, Xp) (here M=2,

so i=1, 2).

[0069] The power spectral density (psd) of an audio signal is a representation of the
distribution over frequencies of the energy of the signal (determined over a certain time range).
A graph of power spectral density versus frequency may also be termed the 'spectral energy
distribution’. For a stochastic signal (e.g. some types of noise), the power spectral density is
defined as the Fourier transform of its auto-correlation function. For an audio signal, a power
spectral density may e.g. be based on a prior classification of the signal, e.g. classified as
'speech’ or 'noise’, e.g. using a voice activity detector. The power spectral density may e.g. be
determined over the time frame of a syllable, a word, a sentence or longer periods of coherent
speech. In the present context of own voice, a power spectral density may appropriately be
related to time periods where an own voice detector indicates the presence of own voice (e.g.
with a probability above a certain threshold, e.g. 70% or 80%).

[0070] The block OVD represents an own-voice detection algorithm that continuously monitors
iffwhen the hearing aid user speaks in a situation without too much background noise - this
detection may be combined with other detectors, e.g. SNR detectors (SNRE) for robustness.
The detection threshold is set such that only highly probable own-voice situations are detected
- we are interested in detecting a few situations, e.g., one an hour or one every 6 hours, where
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own-voice is highly likely (in other words, the false-alarm rate should preferably be low). It is
less important, if many own-voice situations go undetected.

[0071] Let S¢; denote the power spectral density of the own voice signal picked up by
microphone i at frequency k, and let Sg=[Si 1 ... Sk m] denote a vector of such power spectral

densities. In a situation, where own-voice is detected with high likelihood, the relative OVT may
be estimated as OVTy ;ser = sQrt(Sy/Sk iref)-

[0072] The own-voice power spectral density estimator (OV-PSDE) provides an estimate of the
own-voice power spectral density vector Sg= [Sy 1 Sk 2] at a given point in time. The estimate is

based on inputs from one or more detectors related to a current signal content of the first and
second electric input signal (X4, X2). In the embodiment of FIG. 3B, an own voice detector

(OVD) and an SNR estimator (SNRE) are indicated. The own voice detector (OVD) provides an
indicator (OV=0V(k,m)) of whether or not (or with what probability), at a given time m and
frequency k (i.e. time-frequency unit (k,m)), the first and/or second electric input signal(s) (X,

Xo) or a signal or signals originating therefrom (e.g. a combined, e.g. beamformed, version

thereof), comprises the user's own voice. The SNR estimator (SNRE) may e.g. provide an
estimate (SNR=SNR(k,m)) a given time m and frequency k. The detector signals may be used
to improve the estimate of own-voice power spectral density at a given point in time, e.g.
utilizing an estimate of the presence of own voice (OV) and/or on an estimate of the quality of
the target (own voice) speech (SNR). Other detectors (indicated in FIG. 3B as DETX providing
detector signal 'detx') may e.g. comprise a movement detector (e.g. comprising an
accelerometer), a signal similarity or correlation detector, e.g. an auto-correlation detector, etc.

[0073] The hearing device further comprises a relative OVT estimator (ROVTE) for estimating
a relative transfer function vector OVTy ,ser. The elements of the relative own voice transfer
function vector are the relative transfer functions for sound from the user's mouth to each of
the microphones of the hearing device, estimated from the input own-voice power spectral
density vector S as OVTy yser = sqri(Sy/Sk iref), Where iref is the index of the reference
microphone. For the embodiment of FIG. 3B with only (M=) two microphones, and if the
reference microphone is My (i.e. iref=1), the relative own voice transfer function vector

OVTy user comprises two elements (1, OVTy yser1) = (1, Sk 2/Sk 1), k=1, ..., K.

[0074] The hearing device further comprises a personalized head related transfer functions
estimator (P-HRTF-E) for estimating the personalized relative or absolute head related
acoustic transfer functions dy ,ser or impulse responses from the estimated own voice transfer

function vector OVTy ,ser and the database (O, H)). An embodiment of the personalized head

related transfer functions estimator (P-HRTF-E) is described in further detail in connection with
FIG. 7. The database (O, H)) (or a part thereof) is stored in a memory (MEM) of the hearing
device (HD) FIG. 3C shows a block-diagram of an embodiment of hearing device (HD)

comprising a beamformer (BF) and a system for estimating relative own-voice transfer
functions (OVT) from a user's speech according to the present disclosure. The hearing device
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(HD) of FIG. 3C comprises the same functional elements as shown in the embodiment of a
hearing system of FIG. 3A and as described in connection therewith, except that the database
(Oy, H)) is located in a memory (MEM) of the hearing device (instead of being implemented on

a separate device accessible via a (e.g. wireless) communication link as in FIG. 3A), and that
the hearing device specifically comprises two microphones (M4, M) instead of M, where M

may be larger than two.

Estimating absolute or relative HRTFs from absolute or relative OVTs

[0075] We propose to estimate absolute/relative HRTFs from the absolute/relative OVT
estimates described above.

Absolute and relative HRTFs:

[0076] Let g (n) denote an impulse response (head related impulse response (HRIR)) from a
jt" point in space (at 'Speaker j' in FIG. 4) to the it" microphone of a hearing aid system
(microphone 'M;' in FIG. 4) worn by user / ('Test subject’ / in FIG. 4). For example, impulse

responses may be used from spatial points (e.g. J points, cf. FIG. 4) located equidistantly on a
circle in the horizontal plane (each spatial point being (360/J) ° apart), centered at the users'
head, and at a height corresponding the users' ears (cf. dashed circle in FIG. 4). For example,
a number of J=16, J= 32, or J = 48 points may e.g. be used.

[0077] Using an identical procedure as for OIRs, HRIRs may be transformed into absolute
HRTFs: let €'k ;. k=1,...,.K denote a Fourier transform of the HRIR gj; (n), where €'y ; is the

absolute HRTF at frequency k, from spatial point j to microphone i, for the £ test subject. We
may then form an absolute HRTF vector €'y j| = [€'k 0,1 --- €'km-1j,1] @and define a relative HRTF

vector ek‘“ = e'k,j‘| / ek,iref‘“.

[0078] FIG. 4 schematically illustrates the geometrical arrangement defining a head-related
impulse response between spatial point j and microphone i for test subject /.

A priori database of HRTF and OVT pairs:

[0079] We assume that a database of (O, H)) pairs have been collected a priori for many test
subjects. Here, O denotes one or more or all (for all microphones) pre-measured OVT's for
test subject / (for example stacked as a vector), and similarly, H, denotes one or more or all

HRTFs for test subject / (for example stacked as a vector).
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[0080] For example, O4 could be the collection of absolute OVTs OVT'y 4, for all frequencies
k=1,...,K and for all microphones for test subject /. As another example, O4 could be defined as
the relative transfer functions OVTy 4 for one or some microphones for test subject /. Many

other obvious variants exist (combinations of frequencies, absolute/relative OVTs, and
microphone indices).

[0081] Similarly, H, could be a collection of absolute HRTFs €' 4, for all frequencies k=1,...,K
from spatial point j. Alternatively, H| could represent a collection of absolute HRTFs for all
frequencies k=1,...,K, and for all spatial points, j=1,...,J. Alternatively, H, could represent a

collection of relative HRTFs for all frequencies, k=1,...,K, for a subset of spatial points and a
subset of microphones. Many other obvious variants exist (combinations of frequencies,
absolute/relative OVTs, spatial points, and microphone indices).

[0082] As an alternative to having a (O, H,) pair, the OVT could be substituted by a transfer

function measured from a certain position, e.g. as described in EP2928215A1.

Mapping from OVTs to HRTFs:

[0083] Given the a priori database of (O, H))-pairs, 1=1, ..., L (where L is the number of test
objects), there exist several ways of estimating the HRTF-information of the user, Hyger, from
the users' OVT-information, Oser. Note that the HRTF- and OVT- information of a particular

user is unlikely to be present in the a priori database.

Table Lookup based Approach:

[0084] The OVT-information of the user, measured either at the HCP or in the online
procedure as outlined above, may be compared to each and every instance of O¢, /=1, .., L, in
the a priori database in order to find the data base entry, /*, for which O} matches O e best.
For example, the least-square distance measure could be used. The corresponding estimate
of the users personalized HRTF-information is then H*, where

P*=argmin; d(O, Ouser).

where d(.) is a distance measure between OVTs. Several different distance measures may be
used, e.g. based on minimizing an Euclidean distance.

Statistical Model based Approach:

[0085] Based on the a priori database, an a priori statistical model may be derived. In
particular, if the (O, H))-pairs in the a priori data base are considered as realizations of random
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vector variables, then a joint probability density model f(O, H) may be fitted to the entries in the
database, e.g., using a Gaussian Mixture Model or other parametric models. Given this
statistical model and the estimated O ¢¢; information of a particular user, for which an estimate

of her HRTF information is desired, it is straightforward to compute minimum mean-square
(mmse) estimates of the personal HRTF information:

Huse = | H*f(H|Oe0) dH,

where | denotes a multi-dimensional integral across all dimensions in vector H, and where
f(H|O) denotes a conditional power distribution function (pdf), which can be derived from the
joint pdf model f(O,H). The integral may be evaluated numerically.

[0086] Alternatively, a maximum a posteriori (map) probability estimate of H ger may be found

by maximization of the posterior probability:

HRTF .y = maxy f{Oyse/H)* f(H),

where f(H) denotes a prior probability on the HRTF vector, which may, e.g., be chosen as a
uniform distribution, f(H) = const. The maximization may be performed numerically.

Deep Neural Network based Approach:

[0087] Based on the a priori database, a Deep Neural Network may be trained in an offline
procedure prior to deployment, using O and H4 as target outputs, respectively. The DNN may
be a feedforward network (multi-layer perceptron), a recurrent network, a convolutional
network, or combinations and variants thereof. The cost function optimized during training may
be mean-square error between estimated and true HRTF vectors, etc.

Finding Beamformer Coefficients from Estimated Personalized HRTFs:

[0088] From the estimated personalized HRTF information, Hest, it is straightforward to derive
personalized beamformer coefficients. For example, if Hegt contains relative HRTFs ey j, k = 1,

..., K, for a sound source from a frontal location (j) for two microphones in the same hearing
aid, then the coefficients of a Minimum Variance Distortion-Less Response (MVDR)
beamformer are given by

wi= (Rop) ™ &1/ (e (Rui)” e1y),
where (.)"! denotes matrix inversion, matrix Ryvk is a noise-cross power spectral density matrix
[Loizou] for the microphones involved, and ey j is the (2-element) relative HRTF vector related

to a spatial point (j) in the frontal direction.

[0089] Many other personalized beamformer variants, e.g., the Multi-Channel Wiener Filter
[Brandstein], binaural beamformers (involving microphones in hearing aids on both ears)
[Marquard], etc., may be derived from estimated personalized absolute/relative HRTF vectors.

Extensions:
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Using HRIRs and ORIRs rather than HRTFs and OVTs:

[0090] The concept of the present disclosure is described in terms of OVTs and HRTFs. It is,
however, straightforward to exchange these quantities with the time-domain analogies, OIRs
and HRIRs and perform a mapping from OIRs (estimated from a voice sample of the user,
either at the HCP or in an "online" approach) to HRIRs.

Detecting implausible OVTs:

[0091] Performing the mapping from personalized OVTs to personalized HRTFs using the
"Tablebased Approach" involves the computation of distances between an estimated personal
OVT and OVTs of test subjects which have been measured and stored up-front in the a priori
data base. The computed minimum distance may be used to estimate the reliability of the OVT
measurement. Specifically, if the minimum distance exceeds a pre-specified threshold, the
OVT measurement may be labeled as potentially unreliable (e.g., due to noise, reverberation,
or other problems during the OVT estimation process).

[0092] FIG. 5 shows relative own voice transfer functions (OV-RTF) measured across different
individuals (asterisks) compared to far-field (FF-RTF) relative transfer functions measured
across different individuals and across different directions (dots). FIG. 5 illustrates how a
relative own voice transfer function (OV-RTF) measured across different individuals (each
asterisk indicates an individual OV relative TF) compared to far-field transfer function
measured across different individuals and across different directions (each dot indicates an
individual far-field relative TF (FF-RTF)). It can be seen that the location in the complex plane
of the OV-RTFs differs from most of the FF-RTFs. Knowing the typical location of the OV-RTF
(not only at the shown frequency but across different frequencies) can be used to validate the
estimated OV-RTF. It could e.g. be used to determine if the RTF could be used to update the
weights of an OV-beamformer. The validation decision can be based on a distance measure
between the estimated OV-RTF and the most likely OV-RTF, e.g. measured across different
frequencies. Alternatively, the validation may be based on supervised learning (e.g. training a
neural network based on examples of labelled valid and invalid OV-RTF).

[0093] The OV-RTF could be estimated in a controlled setup, where the user is prompted to
speak. Alternatively, the OV-RTF could be estimated/updated, when OV is detected. The OV
detector could be based on acoustic features, or alternatively/in addition on other features
such as detected jaw vibrations (from an accelerometer or a vibration microphone) or based
on individual features such as pitch frequency. The OV detection may also be based on results
from another hearing instrument.
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[0094] The validation procedure is exemplified with OV as an example. However, the described
validation method may also be used to validate other impulse response measurements, such
as a measured 0 degrees (frontal) impulse response (e.g. measured as described in
EP2928215A1).

[0095] FIG. 6A schematically shows a database (O, H;,) of absolute or relative acoustic

transfer functions or impulse responses for a multitude of persons (=1, .., L) comprising
corresponding own voice transfer functions (OVT)) and acoustic (far-field) head related transfer

functions (HRTF)) for a number of test subjects. FIG. 6A shows a table comprising a left (first)
column denoted 'Test subject I, =1, ..., L., a second (middle) column denoted OVT/(k,i), and a
third (right column) denoted HRTF (8 k i), where j, k, and i are indices defining a direction to (or

location of) an acoustic far field sound source (j=1, ..., J), a frequency (k=1, ..., K), and a
microphone (i=1, ..., M), respectively. Each row relates to a specific test object with index /'
(e.g. a given person). Row /' comprises in the second column (e.g. predefined, e.g. measured)
values of frequency dependent (k=1, ..., K) own voice transfer functions (OVT,) for a given

microphone (M;, i=1, ..., M) for the specific test object /. Row /' further comprises in the third

column (e.g. predefined, e.g. measured) values of frequency dependent (k=1, ..., K) acoustic
(far-field) head related transfer functions (HRTF;) for a number of directions to (or locations of)

an acoustic far field sound source (§;, j=1, ..., J), for a given microphone (M;, i=1, ..., M) for the

specific test object /. The frequencies k for which values of transfer functions are provided in
the database (e.g. the table of FIG. 6A) may be representative for the frequency range of
operation of the hearing device, e.g. 0 to 10 kHz, or for the occurrence of speech. The
frequencies k for which values are provided in the database may be limited in number, e.g. to
less than or equal to eight, or less than or equal to four, e.g. at least one, or at least two. The
number of microphones M of the hearing device or hearing system (e.g. a binaural hearing aid
system) for which values of transfer functions are provided in the database may e.g. be all (M,
or M-1 in case or relative transfer functions) or a subset of microphones, e.g. at least one
microphone. The number of directions to (or locations of) an acoustic far field sound source
(8;, j=1, ..., J) for which values of far field acoustic transfer functions are provided in the

database may be representative of a space around the user wearing the hearing device or
hearing system, e.g. evenly distributed, or it may be focused on directions (or locations) that
are considered to be most important to the user, e.g. from one or more selected directions
(e.g. including one or more of the front, the sides, and the back, e.g. in an appropriate distance
for communication, e.g. one to two meters from the user). The number of directions to (or
locations of) an acoustic far field sound source (6;, j=1, ..., J) for which values of far field

acoustic transfer functions are provided in the database is larger than or equal to one, but may
be limited to sixteen or to eight or to four.

[0096] FIG. 6B schematically indicates the measurement of own voice transfer functions
(OVT((k)) and acoustic (far-field) head related transfer functions (HRTF(8;k)) for a

microphone system comprising a multitude of microphones M;, i=1, ..., M, worn by specific

person (‘Test object ). The microphones M; (i=1, 2, 3, 4) of FIG. 6A may e.g. represent
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microphones of a binaural hearing aid system comprising first and second hearing devices
located at left and right ears of the person (/), each hearing device comprising two
microphones ((M4, M2) and (M3, My), respectively) located at respective left and right ears of

the person. The measurements may e.g. be performed in a sound studio by a hearing care
professional (HCP). A frequency dependent own voice transfer function OVT (k) for the person

(/) for a specific microphone M; may be measured while the user speaks, e.g. a specific test

word or sentence(s) (cf. 'Own voice(/) in FIG. 6B). The measurement may be repeated for
different microphones. Likewise, a frequency dependent acoustic (far-field) head related
transfer function (HRTF(8;,k)) for the person ('Test subject /) for a specific microphone M; and

location of the (far-field) sound source (here corresponding to a frontal direction ('0=0") relative
to the person, cf. dotted line through the head of the person and the sound source) may be
measured while the sound source is playing a test sound (cf. 'test sound' in FIG. 6B). The
measurement may be repeated for different microphones and locations of the (far-field) sound
source. The dashed circle around the test person may represent a typical distance of a
conversation partner, e.g. 1-2 m. Far-field head related transfer function (HRTF(6;,k)) may be
measured and stored in the database for more than one distance e.g. for two or more
distances from the test person, e.g. for distances 1 m and 3m. The locations on a circle of a
given radius, e.g. 1 m may not necessarily be equidistant, but may e.g. have a higher density
of measurements locations in front of the person than to the rear of the person. The
distribution of measurement points around the test object may be adapted to the application
scenario envisioned (e.g. a fixed, e.g. car, application vs. a walk around teaching application).

[0097] Instead of measuring transfer functions at different frequencies, corresponding impulse
responses (OIR, HRIR) may be measured and converted to the frequency domain by an
appropriate transformation (e.g. a Fourier transformation algorithm, e.g. a discrete Fourier
transformation (DFT) algorithm).

[0098] FIG. 7 shows an embodiment of a part (P-HRTF-E) of the processor for estimating
personalized (relative or absolute) acoustic far field head related transfer functions dy yser or

impulse responses for a wearer of a hearing system. The personalized head related transfer
functions estimator (P-HRTF-E) is configured to estimate the personalized relative or absolute
head related acoustic transfer functions dy yser Or impulse responses from an estimated own

voice transfer function vector OVTy ser (based on currently received own voice signals by the

microphones o the hearing device) by comparison with (predetermined, e.g. measured)
transfer function (or impulse response) data stored in the database (O,, H;), cf. memory (MEM)

in FIG. 7. The processor part (P-HRTF-E) comprises a comparator configured to compare an
estimated own voice transfer function vector OVTy ,ser (€.9. estimated in another part (ROVTE)

of the processor (PRO), cf. e.g. FIG. 3B) with the stored own voice transfer functions OVT(k),
=1, ..., L, of the database (O, H)), cf. FIG. 6A. The comparator estimates for each own voice
transfer function OVT(k), /=1, ..., L, of the database (O, H)) a difference AOVT s¢ (k) to the
estimated own voice transfer function vector OVTy e (either for one microphone, or for

several microphones or for all microphones of the hearing system). The processor part (P-



DK/EP 3833043 T3

HRTF-E) further comprises a minimizer (MIN) configured to identify the index /* for which the a
difference AOVT ¢ (K) is minimum. The processor part (P-HRTF-E) further comprises a

selector (SEL) for selecting the relative or absolute head related acoustic transfer functions

HRTF,*(k) for the user I among the L sets of transfer functions stored in the database (O, H))
and to provide the personalized transfer functions as vector dy yser. The personalized transfer
functions as vector di yser can e.g. be used to determine personalized beamformer weights of

a beamformer, cf. e.g. FIG. 3A, 3C.

[0099] FIG. 8 shows a hearing device of the receiver in the ear type according to an
embodiment of the present disclosure. FIG. 8 shows a BTE/RITE style hearing device
according to an embodiment of the present disclosure (BTE='Behind-The-Ear'; RITE=Receiver-
In-The-Ear'). The exemplary hearing device (HD), e.g. a hearing aid, is of a particular style
(sometimes termed 'receiver-in-the ear', or RITE, style) comprising a BTE-part (BTE) adapted
for being located at or behind an ear of a user, and an ITE-part (ITE) adapted for being located
in or at an ear canal of the user's ear and comprising a receiver (=loudspeaker, SPK). The
BTE-part and the ITE-part are connected (e.g. electrically connected) by a connecting element
(IC) and internal wiring in the ITE- and BTE-parts (cf. e.g. wiring Wx in the BTE-part). The
connecting element may alternatively be fully or partially constituted by a wireless link between
the BTE- and ITE-parts. Other styles, e.g. where the ITE-part comprises or is constituted by a
custom mould adapted to a user's ear and/or ear canal, may of course be used.

[0100] In the embodiment of a hearing device in FIG. 8, the BTE part comprises an input unit
comprising two input transducers (e.g. microphones) (MgTe1, MgTE2), €ach for providing an

electric input audio signal representative of an input sound signal (SgTg) (originating from a

sound field S around the hearing device). The input unit further comprises two wireless
receivers (\WWLR4, WLR5) (or transceivers) for providing respective directly received auxiliary

audio and/or control input signals (and/or allowing transmission of audio and/or control signals
to other devices, e.g. a remote control or processing device, or a telephone, or another
hearing device). Access to a database (O, H;) of absolute or relative acoustic transfer

functions or impulse responses according to the present disclosure may furthermore be
provided via one of the wireless transceivers (WLR4, WLR53). The hearing device (HD)

comprises a substrate (SUB) whereon a number of electronic components are mounted,
including a memory (MEM), e.g. storing different hearing aid programs (e.g. user specific data,
e.g. related to an audiogram, or parameter settings derived therefrom, e.g. defining such (user
specific) programs, or other parameters of algorithms, e.g. beamformer filter weights, and/or
fading parameters) and/or hearing aid configurations, e.g. input source combinations (MgTE1,

MeTte2 (MiTE), WLR 1, WLR)>), e.g. optimized for a number of different listening situations. The
memory (MEM) may further comprise a database (O;, H;) of absolute or relative acoustic

transfer functions or impulse responses according to the present disclosure. In a specific mode
of operation, two or more of the electric input signals from the microphones are combined to
provide a beamformed signal provided by applying appropriate (e.g. complex) weights to (at
least some of) the respective signals. The beamformer weights are preferably personalized as
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proposed in the present disclosure.

[0101] The substrate (SUB) further comprises a configurable signal processor (DSP, e.g. a
digital signal processor), e.g. including a processor for applying a frequency and level
dependent gain, e.g. providing beamforming, noise reduction, filter bank functionality, and
other digital functionality of a hearing device, e.g. implementing features according to the
present disclosure. The configurable signal processor (DSP) is adapted to access the memory
(MEM) e.g. for selecting appropriate parameters for a current configuration or mode of
operation and/or listening situation and/or for writing data to the memory (e.g. algorithm
parameters, e.g. for logging user behavior) and/or for accessing the database (O;, H) of

absolute or relative acoustic transfer functions or impulse responses according to the present
disclosure. The configurable signal processor (DSP) is further configured to process one or
more of the electric input audio signals and/or one or more of the directly received auxiliary
audio input signals, based on a currently selected (activated) hearing aid program/parameter
setting (e.g. either automatically selected, e.g. based on one or more sensors, or selected
based on inputs from a user interface). The mentioned functional units (as well as other
components) may be partitioned in circuits and components according to the application in
question (e.g. with a view to size, power consumption, analogue vs. digital processing,
acceptable latency, etc.), e.g. integrated in one or more integrated circuits, or as a combination
of one or more integrated circuits and one or more separate electronic components (e.g.
inductor, capacitor, etc.). The configurable signal processor (DSP) provides a processed audio
signal, which is intended to be presented to a user. The substrate further comprises a front-
end IC (FE) for interfacing the configurable signal processor (DSP) to the input and output
transducers, etc., and typically comprising interfaces between analogue and digital signals
(e.g. interfaces to microphones and/or loudspeaker(s), and possibly to sensors/detectors). The
input and output transducers may be individual separate components, or integrated (e.g.
MEMS-based) with other electronic circuitry.

[0102] The hearing device (HD) further comprises an output unit (e.g. an output transducer)
providing stimuli perceivable by the user as sound based on a processed audio signal from the
processor or a signal derived therefrom. In the embodiment of a hearing device in FIG. 8, the
ITE part comprises (at least a part of) the output unit in the form of a loudspeaker (also termed
a 'receiver’) (SPK) for converting an electric signal to an acoustic (air borne) signal, which
(when the hearing device is mounted at an ear of the user) is directed towards the ear drum
(Ear drum), where sound signal (Sgp) is provided. The ITE-part further comprises a guiding

element, e.g. a dome, (DO) for guiding and positioning the ITE-part in the ear canal (Ear canal)
of the user. In the embodiment of FIG. 8, the ITE-part further comprises a further input
transducer, e.g. a microphone (M1g), for providing an electric input audio signal representative
of an input sound signal (STg) at the ear canal. Propagation of sound (S;tg) from the
environment to a residual volume at the ear drum via direct acoustic paths through the
semiopen dome (DO) are indicated in FIG. 8 by dashed arrows (denoted Direct path). The
directly propagated sound (indicated by sound fields Sy;,) is mixed with sound from the hearing

device (HD) (indicated by sound field Sy)) to a resulting sound field (Sgp) at the ear drum. The
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ITE-part may comprise a (possibly custom made) mould for providing a relatively tight fitting to
the user's ear canal. The mould may comprise a ventilation channel to provide a (controlled)
leakage of sound from the residual volume between the mould and the ear drum (to manage
the occlusion effect).

[0103] The electric input signals (from input transducers Mpgteq, MpTE2, MITE) May be

processed in the time domain or in the (time-) frequency domain (or partly in the time domain
and partly in the frequency domain as considered advantageous for the application in
question).

[0104] All three (MgTE1, MgTE2, M|TE) Or two of the three microphones (MgTE1, M|TE) may be

included in the 'personalization’-procedure for head related transfer functions according to the
present disclosure. The ‘front'-BTE-microphone (MgTg4) may be selected as a reference

microphone, and the 'rear’-BTE-microphone (MgTg2) and/or the ITE-microphone (M;Tg) may

be selected as normal microphones for which relative own-voice transfer functions can be
measured by the hearing device. Since, relative to the hearing device user's own voice, the
hearing device microphones (MgTe1, MgTE2, M|TE) are located in the acoustic near-field, a

relatively large level difference may be experienced for the own voice sound receive at the
respective microphones. Thus, the relative transfer functions may be substantially different
from 1.

[0105] In the embodiment of FIG. 8, the connecting element (IC) comprises electric conductors
for connecting electric components of the BTE and ITE-parts. The connecting element (IC)
may comprises an electric connector (CON) to attach the cable (IC) to a matching connector in
the BTE-part. In another embodiment, the connecting element (IC) is an acoustic tube and the
loudspeaker (SPK) is located in the BTE-part. In a still further embodiment, the hearing device
comprises no BTE-part, but the whole hearing device is housed in the ear mould (ITE-part).

[0106] The embodiment of a hearing device (HD) exemplified in FIG. 8 is a portable device
comprising a battery (BAT), e.g. a rechargeable battery, e.g. based on Li-lon battery
technology, e.g. for energizing electronic components of the BTE- and possibly ITE-parts. In an
embodiment, the hearing device, e.g. a hearing aid, is adapted to provide a frequency
dependent gain and/or a level dependent compression and/or a transposition (with or without
frequency compression of one or more frequency ranges to one or more other frequency
ranges), e.g. to compensate for a hearing impairment of a user. The BTE-part may e.g.
comprise a connector (e.g. a DAl or USB connector) for connecting a 'shoe' with added
functionality (e.g. an FM-shoe or an extra battery, etc.), or a programming device, or a
charger, etc., to the hearing device (HD). Alternatively or additionally, the hearing device may
comprise a wireless interface for programming and/or charging the hearing device.

[0107] FIG. 9 shows a flow chart for an embodiment of a method of estimating personalized
acoustic far-field transfer functions for a wearer of a hearing system.
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[0108] It is intended that the structural features of the devices described above, either in the
detailed description and/or in the claims, may be combined with steps of the method, when
appropriately substituted by a corresponding process.

[0109] As used, the singular forms "a," "an," and "the" are intended to include the plural forms
as well (i.e. to have the meaning "at least one"), unless expressly stated otherwise. It will be
further understood that the terms "includes,” "comprises,” "including," and/or "comprising,”
when used in this specification, specify the presence of stated features, integers, steps,
operations, elements, and/or components, but do not preclude the presence or addition of one
or more other features, integers, steps, operations, elements, components, and/or groups
thereof. It will also be understood that when an element is referred to as being "connected" or
"coupled" to another element, it can be directly connected or coupled to the other element but
an intervening element may also be present, unless expressly stated otherwise. Furthermore,
"connected"” or "coupled” as used herein may include wirelessly connected or coupled. As used
herein, the term "and/or" includes any and all combinations of one or more of the associated
listed items. The steps of any disclosed method is not limited to the exact order stated herein,
unless expressly stated otherwise.

[0110] It should be appreciated that reference throughout this specification to "one
embodiment” or "an embodiment” or "an aspect” or features included as "may"” means that a
particular feature, structure or characteristic described in connection with the embodiment is
included in at least one embodiment of the disclosure. Furthermore, the particular features,
structures or characteristics may be combined as suitable in one or more embodiments of the
disclosure. The previous description is provided to enable any person skilled in the art to
practice the various aspects described herein. Various modifications to these aspects will be
readily apparent to those skilled in the art, and the generic principles defined herein may be
applied to other aspects.

[0111] The claims are not intended to be limited to the aspects shown herein but are to be
accorded the full scope consistent with the language of the claims, wherein reference to an
element in the singular is not intended to mean "one and only one" unless specifically so
stated, but rather "one or more." Unless specifically stated otherwise, the term "some" refers to
one or more.

[0112] Accordingly, the scope should be judged in terms of the claims that follow.
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Patentkrav

1. Heresystem, der er konfigureret til at veere placeret ved eller i hovedet pa
en bruger, hvilket hgresystem omfatter

* | det mindste to mikrofoner, hvoraf den ene af dem er betegnet
referencemikrofonen, der hver er beregnet til at konvertere lyd fra
omgivelserne omkring haresystemet til et elektrisk indgangssignal, der
repreesenterer lyden, som den modtages ved placeringen af den pageeldende
mikrofon;

* en egen-stemmedetektor, der er konfigureret til at estimere, hvorvidt eller
ikke, eller med hvilken sandsynlighed, de i det mindste to elektriske
indgangssignaler, eller en behandlet version heraf, omfatter en stemme fra
brugeren af hgresystemet, og til at tilvejebringe en egen-
stemmestyringssignal, der indikerer dette;

« en hukommelse, hvor en database (O, H)) af absolutte eller relative akustiske
overfarselsfunktioner eller impulssvar, eller enhver transformation deraf, for en
flerhed af testpersoner er lagret, eller en transceiver, der giver adgang til
databasen (Oy, H)), hvor databasen (Oy, H) for hver af flerheden af testpersoner
omfatter

o en relativ eller absolut egen-stemmeoverfarselsfunktion eller impulssvar,
eller enhver transformation deraf, for lyd fra en given testpersons mund blandt
flerheden af testpersoner til i det mindste én af mikrofonerne i et
mikrofonsystem, som beeres af den givne testperson, og

o en relativ eller absolut hovedrelateret akustisk overfgrselsfunktion eller
impulssvar, eller enhver transformation deraf, fra i det mindste én rumlig
placering bortset fra testpersonens mund til i det mindste en af mikrofonerne i
mikrofonsystemet, som beeres af den givne testperson;

» en processor, der er forbundet til eller kan forbindes til de i det mindste to
mikrofoner, til egen-stemmedetektoren og til databasen, hvor processoren er
konfigureret

o til at estimere en relativ egen-stemmeoverfarselsfunktion for lyd fra
brugerens mund til i det mindste en af de i det mindste to mikrofoner i
afheengighed af de i det mindste to elektriske indgangssignaler, eller en
behandlet version deraf, og af egen-stemmestyringssignalet, og

o til at estimere personaliserede relative eller absolutte hovedrelaterede
akustiske overferselsfunktioner eller impulssvar, eller enhver transformation
deraf, fra i det mindste én rumlig placering bortset fra brugerens mund til i det
mindste én af mikrofonerne i heresystemet, som baeres af brugeren i
afheengighed af den estimerede relative egen-stemmeoverfarselsfunktion(er)
og databasen (Oy, H)); og
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« en straéleformer, der er konfigureret til at modtage de i det mindste to
elektriske indgangssignaler, eller behandlede versioner deraf, og til at
bestemme personaliserede straleformerveegte, der er baseret pa de
personaliserede relative eller absolutte hovedrelaterede akustiske
overfarselsfunktioner eller impulssvar, eller enhver transformation deraf.

2. Heresystem ifelge krav 1, der omfatter en detektor eller estimator af en
aktuel signalkvalitet i afheengighed af de i det mindste to elektriske
indgangssignaler, eller en behandlet version deraf.

3. Heresystem ifglge krav 2, der omfatter en SNR-estimator (SNRE) til
tilvejebringelse af et estimat af et signal-til-stgj-forhold.

4. Horesystem ifslge et hvilket som helst af kravene 1-3, hvor
mikrofonsystemerne, der beeres af flerheden af testpersoner, omfatter
mikrofoner, der er placeret i de samme positioner som de i det mindste to
mikrofoner af hgresystemet.

5. Heresystem ifglge et hvilket som helst af kravene 1-4, hvor processoren
omfatter en relativ egen-stemmeoverfarselsfunktionsestimator (ROVTE) il
estimering af en relativ egen-stemmeoverfarselsfunktionsvektor OV Tk user, hvis
elementer er de relative overfgrselsfunktioner for lyd fra brugerens mund til
hver af de i det mindste to mikrofoner af heresystemet.

6. Haresystem ifalge et hvilket som helst af kravene 1-5, der omfatter en egen-
stemmeeffektspektraltesthedsestimator (OV-PSDE), der er konfigureret til at
tilvejebringe et estimat for en egen-stemmeeffektspektralteethedsvektor Sk pa
et givet tidspunkt.

7. Heresystem ifalge krav 5 eller krav 6, der afheenger af krav 5, der omfatter
en personaliseret hovedrelateret overfarselsfunktionsestimator (P-HRTF-E) til
estimering af de personaliserede relative eller absolutte hovedrelaterede
akustiske overfgrselsfunktioner dkuser eller impulssvar fra den estimerede
egen-stemmeoverfarselsfunktionsvektor OVTkuser 0g databasen (O, Hy).

8. Heresystem ifglge krav 6, der afhaenger af krav 5 eller ifelge krav 7, der
afheenger af kravene 5 og 6, hvor den relative egen-
stemmeoverfarselsfunktionsvektor OVTkuser €stimeres ud fra indgangs-egen-
stemmeeffektspektraltesthedsvektoren Sk som OVTkuser = sqQrt(Sw/Sk.irer), hvor
iref er indekset for en referencemikrofon blandt de i det mindste to mikrofoner.

9. Heresystem ifalge krav 5 eller kravene 6 — 8, der afhaenger af krav 5, der
omfatter et treenet neuralt netveerk til bestemmelse af de personaliserede
hovedrelaterede overfgrselsfunktioner ved anvendelse af relative egen-
stemmeoverfarselsfunktionsvektor OVTkuser Som en indgangsvektor.

10. Heresystem ifalge et hvilket som helst af kravene 1-9, som bestar af eller
omfatter et hereapparat, et headset, en @retelefon, et hareveern eller en
kombination deraf.
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11. Fremgangsmade til at estimere personaliserede straleformervaegte for et
heresystem, der omfatter i det mindste to mikrofoner, hvoraf den ene af dem
er betegnet referencemikrofonen, hvor h@resystemet er konfigureret til at blive
baret af en specifik bruger, hvilken fremgangsmade omfatter,

« tilvejebringelse af | det mindste to elektriske signaler, der repreesenterer lyd i
et brugermiljg ved en placering af mikrofonerne i heresystemet, hvor det
elektriske indgangssignal fra referencemikrofonen betegnes
referencemikrofonsignalet;

« tilvejebringelse af en egen-stemmestyringssignal, der angiver, hvorvidt eller
ikke, eller med hvilken sandsynlighed, de i det mindste to elektriske
indgangssignaler, eller en behandlet version deraf, omfatter en stemme fra
brugeren af hgresystemet, og;

- tilvejebringelse af en database (O, H)), eller tilvejebringelse af adgang til en
sadan database (O, H)), af absolutte eller relative akustiske
overfarselsfunktioner eller impulssvar, eller enhver transformation deraf, for en
flerhed af testpersoner andre end brugeren, og for hver af flerheden af
testpersoner

o tilvejebringelse i databasen (O, H;,) af en relativ eller absolut egen-
stemmeoverfarselsfunktion eller impulssvar, eller enhver transformation deraf,
for lyd fra en given testpersons mund blandt flerheden af testpersoner til i det
mindste en af de i det mindste to mikrofoner i et mikrofonsystem, der beeres af
den givne testperson, og

o tilvejebringelse i databasen (O,, H)) af en relativ eller absolut hovedrelateret
akustisk overfgrselsfunktion eller impulssvar, eller enhver transformation
deraf, fra i det mindste én rumlig placering, bortset fra testpersonens mund til
i det mindste én af mikrofonerne i et mikrofonsystem, som beeres af den givne
testperson;

« estimering af en relativ egen-stemmeoverferselsfunktion for lyd fra brugerens
mund til i det mindste en af de i det mindste to mikrofoner i heresystemet i
afheengighed af de i det mindste to elektriske indgangssignaler, eller en
behandlet version deraf, og pa egen-stemmestyringssignalet, og

o estimering af personaliserede relative eller absolutte hovedrelaterede
akustiske overfarselsfunktioner (HRTF+.) eller impulssvar (HRIR1.), eller
enhver transformation deraf, fra i det mindste én rumlig placering bortset fra
brugerens mund til i det mindste én af mikrofonerne i haresystemet, som
beeres af brugeren i afhsengighed af den estimerede relative egen-
stemmeoverfarselsfunktion og databasen (O, H)); og

+ bestemmelse af personaliserede straleformerveegte (wkuser) for en
straleformer, der er konfigureret til at modtage de i det mindste to elektriske
indgangssignaler, eller behandlede versioner deraf, der er baseret pa de
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personaliserede relative eller absolutte hovedrelaterede akustiske
overferselsfunktioner (HRTF/) eller impulssvar (HRIRx) eller enhver
transformation deraf.

12. Fremgangsmade ifelge krav 11, hvor straleformeren er en binaural
straleformer, der er baseret pa elektriske indgangssignaler fra de i det mindste
to mikrofoner, der er placeret ved brugerens venstre savel som hajre are.

13. Fremgangsmade ifelge et hvilket som helst af kravene 11 eller 12, der
omfatter

* kortleegning af den relative egen-stemmeoverfarselsfunktion (OVTuser) eller
impulssvar til en absolut eller relativ egen-stemmeoverfarselsfunktion (OVT)
eller impulssvar for en specifik testperson /+ blandt flerheden af testpersoner
fra databasen (O,, H)) ifalge et foruddefineret kriterium; og

« udledning af estimerede absolutte eller relative fjernfelts-hovedrelaterede
overfarselsfunktioner (HRTFyser) for brugeren i atheengighed af de absolutte
eller relative fiernfelts-hovedrelaterede overfarselsfunktioner (HRTF/) for den
specifikke testperson, der er lagret i databasen (O, H)).

14. Fremgangsmade ifelge krav 13, hvor det foruddefinerede kriterium
omfatter minimering af en omkostningsfunktion, for eksempel en
afstandsmaling.

15. Fremgangsmade ifalge et hvilket som helst af kravene 11-14, der omfatter
tilvejebringelse af et straleformet signal, der er baseret pa de personaliserede
straleformerveegte.
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A method of estimating personalized
beamformer weights for a hearing system
comprising a multitude of microphones,
one of which being denoted the reference
microphone, the hearing system being
configurcd to bec worn by a specific uscr,
the method comprising

v
providing in the database (O, H)) a
relative or absolute head related
acoustic transfer function or impulse
response from at least one spatial
location othcr than the given person’s
mouth to at least one of the
microphones of a microphone system
worn by said given person;

v

providing at least two clectric signals
representing sound in an environment of
the user at a location of the microphones v

of the hearing system, the clectric input estimating an own voice relative transfer

signal from said reference microphone function for sound from the user’s mouth
being denoted the reference microphone to at least one of the at least two

signal; microphones of the hearing system in
dependence of said at least two electric

input signals, or a processed version
thereof, and on said own voice control
signal, and

providing an own voice control signal
indicative of whether or not, or with what
probability, said at least two electric input
signals, or a processed version thereof, h 4
comprises a voice from the user of the estimating personalized relative or
hearing system, and; absolute head related acoustic transfer
functions or impulsc responscs from at
least one spatial location other than the
user’s mouth to at least one of'the

v
providing a database (0;, Hy). or providing m1cr0phqncs of sald hecaring system wom
. . . by said user in dependence of said
access to such databasc (O, H)), of , . .
estimated own voice relative transfer

function and said databasc (O;, H);

absolute or relative acoustic transfer
functions or impulse responses for a
multitude of persons other than said uscr,
and for each of said multitude of persons

A 4

determining personalized beamformer
weights (Wi yser) fOT @ beamformer
configured to receive said at least two

v
providing in the database (O, Hy) a
relative or absolute own voice transfer electric input signals, or processed
function or impulse response for sound versions therer.)ﬁ based on said
from the mouth of a given person personalized relgtlve or absoluw' head
among said multitude of persons to at related agous’uc transfer functions
least one of a multitude of microphones (HRTE ) or impulsc responscs (HRIR )
of a microphon¢ system worn by said

given person,
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